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Welcome Message

Welcome to IberSpeech2022, to be hold in Granada, November 14-16th 2022, or-
ganized by the Research Group on Signal Processing, Multimedia Transmission and
Speech/Audio Technologies (SigMAT) of the Universidad de Granada. The current
edition has received inestimable support from the Spanish Thematic Network on
Speech Technology (RTTH), the Cátedra RTVE and the Voice Input Voice Output
Laboratory (Vivolab) at Universidad de Zaragoza, ISCA, and the ISCA Special Inter-
est Group on Iberian Languages (SIG-IL), as well as our sponsors, Monoceros Lab,
Biometric Vox, SONOC, Alexa-Amazon, ELSA speak and Veridas.

The IberSpeech2022 event – the sixth of its kind using this name – brings to-
gether the XII Jornadas en Tecnologías del Habla and the VIII Iberian SLTech Work-
shop events. Both events pursue the aims of being a meeting point to present and
discuss the results of the research on speech and language technologies on Iberian
languages and promoting industry/university collaboration.

Granada is a the capital of the homonymous province in Spain, with a metropolitan
area with more than half a million inhabitants. During the middle ages, it was the cap-
ital of the ancient Nazarí kingdom, from which the town inherited two world heritage
sites: the Alhambra and the Albayzín quarter. Other well-known places in the city
are the Cathedral, the Corral del Carbón, or the Carrera del Darro street. Granada
has been the birthplace for great figures like Federico García Lorca, Francisco Ayala,
Alonso Cano and Lisan al-Din Ibn Al-Jatib, and it also offers unique combination of
mountains like the Sierra Nevada range, which includes Mulhacén, the highest peak
in the Iberian Peninsula, and seaside, only 60 km away from the city, coupled with ex-
cellent grastronomic experiencies like its "tapas", small pieces of typical food served
for free together with beverages.

The venue, the Facultad de Ciencias of Universidad de Granada, is very close
to the city center, in the Campus Universitario Fuentenueva, Severo Ochoa St. The
Facultad de Ciencias is doubtlessly a unique center. It is the Spanish Sciences Fac-
ulty that offers more Degree titles. In particular, it hosts twelve Degree titles (includ-
ing Physics, Mathematics, Electronic Engineering, a double title in Mathematics and
Computer Science engineering and another one in Mathematics and Physics), nine-
teen masters and ten PhD programs.

Following the tradition of previous editions, IberSpeech2022 will be a three-day
event, bringing together the best researches and practitioners in speech and lan-
guage technology in Iberian languages to promote interaction and discussion. The
organizing committee has planned a wide variety of scientific, including technical pa-
per presentations, keynote lectures, special sessions for the presentation of projects,
recent PhD theses, entrepreneurship experiences and challenge evaluations, and a
new entrepreneurship round table.

iii



The core of the IberSpeech2022 scientific technical program includes a total of
42 full paper contributions that will be distributed among 5 oral and 1 poster ses-
sion. To ensure the quality of all contributions, each submitted paper was reviewed
by three members of scientific review committee. All the papers in the conference will
be accessible through the International Speech Communication Association (ISCA)
Online Archive. Paper selection was based on the scores and comments provided
by the aforementioned committee, which includes over 61 researchers from different
institutions (mainly from Spain and Portugal, but also from other European countries.
Furthermore, the extended versions of selected papers will be published by MDPI as
a special issue of the Journal of Applied Sciences, "IberSpeech 2022: Speech and
Language Technologies for the Iberian Languages", with fully open access.

In addition to regular paper sessions, the IberSpeech2022 scientific program fea-
tures the following activities: the ALBAYZIN evaluation challenges, a special session
including presentation of demos, research projects, recent PhD theses, entrepreneur-
ship experiences, three keynote lectures, and a round table about entrepreneurship
in the field of speech and language technologies.

Following the success of previous editions since 2006, the 2022 Albayzín Evalua-
tions consist of four challenges which focus on evaluating different speech technolo-
gies over TV and radio broadcast, with corpora provided by Radio Televisión Española
(RTVE), Corporació Catalana de Mitjans Audiovisuals, and Corporación Aragonesa
de Radio y Televisión. The first three challenges have been organized by RTVE
and Universidad de Zaragoza and include the Speech to Text Challenge (S2TC), the
Speaker Diarization and Identity Assignment Challenge (SDIAC), and the Text and
Speech Alignment Challenge (TaSAC) (consisting of two subchalleges, TaSAC-ST
and TaSAC-BP). The fourth one, the Search on Speech Challenge (SoSC), has been
organized by Universidad San Pablo-CEU and AuDIaS from Universidad Autónoma
de Madrid. This year, seven papers has participated, providing different solutions to
the proposed challenges.

Additionally, 16 special session papers are also included in the conference pro-
gram. These were intended to describe either progress in current or recent research
and ongoing projects, demonstration systems, or PhD Theses extended summaries
to compete for the PhD Award. Moreover, IberSpeech2022 features three remarkable
keynote speakers: Prof. Massimiliano Todisco (EURECOM Digital Security Depart-
ment, France), Prof. Isabel Trancoso (INESC-ID / IST / University of Lisbon, Portugal),
and Dr. Simon Wiesler (Applied Science Manager at Amazon, Germany), to whom
we would like to acknowledge for their extremely valuable participation.

The technical program ends with a round table where CEOs of three companies
in audio and speech technologies will share their experiences about the path from the
research laboratory to creating technological business. While research in speech and
language technologies has the potential to yield very innovative products, converting
such activities into real business may entail a hard task. Thus, the session targets
aspects such as motivation, customer targeting, product definition, prototyping, and
other related issues, hoping that researchers find inspiration in these successful ex-
periences.

The social program of IberSpeech2022 starts with a guided tour around the World
Heritage district of Albayzín, the quarter where the first Iberian/Roman city, Ilíberis or
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Florentia Iliberritana, was placed and one of the main districts of the Nazarí, middle
age city. This walk is followed by the welcome reception at the Casa Palacio de
los Zayas, a 17th century house completely restored in 1996 and headquarters of
the architects association. The gala dinner will be held at La Chumbera, a typical
restaurant in the Sacromonte and placed in a cave with a terrace facing the Alhambra.
The Sacromonte is one of the most picturesque neighborhoods in the city, with cave
houses installed in whitewashed caves where flamenco shows typically take place.

Finally, we would like to thank all those whose effort made possible this confer-
ence, including the members of the organizing committee, the local organizing com-
mitee, the Albayzin committe, the scientific review committe, the authors, the confer-
ence attendees, the supporting institutions and companies, and so many people who
gave their best to achieve a successful conference.

Granada, November 2022
The General and Technical Program Chairs,
Antonio M. Peinado
Ángel M. Gómez
José L. Pérez-Córdoba
Jose A. Gonzalez-Lopez
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Local Committee:
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Antonio Bonafonte, Amazon Research
Joao Cabral, TrinityCollege Dublin
Zoraida Callejas, University of Granada
Valentín Cardeñoso-Payo, Universidad de Valladolid
Maria Jose Castro-Bleda, Universitat Politècnica de València
Ricardo Cordoba, Universidad Politécnica de Madrid
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Daniel Erro, Identy Touchless ID
David Escudero, University of Valladolid
Nicholas Evans, Eurecom
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Jose A. Gonzalez-Lopez, Universidad de Granada, Spain
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Juan Manuel Martín-Doñas, Vicomtech
Carlos David Martinez Hinarejos, Universitat Politècnica de València
Antonio Miguel, University of Zaragoza
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Awards

Best Paper Award

All regular papers are candi-
dates for this award. The
award, given based on the re-
view reports and the presenta-
tion at the conference, grants
the authors the publication of
an extended version of their
work within the Special Is-
sue of Applied Sciences journal
(MDPI) entitled "IberSPEECH
2022: Speech and Language
Technologies for Iberian Lan-
guages".

Best Albayzin evaluation system

Papers submitted to Albayzin evaluation tasks are candidates for these awards. The
awards will be given to the winners of the Albayzin evaluation challenges, in accor-
dance with the evaluation plan and rules defined for each task.

Best PhD Thesis award

Papers submitted to the PhD Thesis special session are candidates for this award.
The award is given based on the decision of the committee formed by the members
of the General chair, Technical Program chair and Special Session and Awards Chair.
The award is given based on different criteria, including the quality of the document,
impact of the thesis and clearness of the presentation at the conference.
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Professional Career Prize in Speech Technologies

This is an honorary prize awarded by the Spanish Thematic Network on Speech Tech-
nology (RTTH) that recognizes experienced individuals who have made outstanding
contributions related to speech technology research in Spain.

IberSPEECH 2022 Edition

• Climent Nadeu Camprubí, Universitat Politècnica de Catalunya.

• José Manuel Pardo Muñoz, Universidad Politécnica de Madrid.
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Venue

The Iberspeech’2022 conference will be held at the ‘Salón de Grados’ at the Facultad
de Ciencias (UGR) in Campus Universitario de Fuentenueva, Granada (Spain).

The Facultad de Ciencias is
located on the Campus Univer-
sitario de Fuentenueva, acces-
sible from the Circunvalación de
Granada (GR-30 motorway) at
the Méndez Núñez exit.

The Facultad de Ciencias is
located in the Fuentenueva Uni-
versity Campus, very close to
the city center, and easily ac-
cesible through many transport
connections, including a nearby
subway stop (Granada Metro)

and the train station, also accesible on foot. The Faculty is located in an area with
a great university atmosphere and the city historic center is just a few minutes walk
away.

Address: Fuente Nueva s/n. 18071 Granada
Phone: 958 24 06 98/99
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Social Program

Guided tour of the Albaicín Quarter: Monday 14 November, 19:30.

Information about this event, such as the meeting point, will be provided on the open-
ing day of the conference.

Welcome reception: Monday 14 November, 21:00.

Casa Palacio de los Zayas
Address: C/ Santa Paula, 5, 18001 Granada
Web: www.casazayas.es
The welcome reception will be given at the Casa Palacio de los Zayas in the city cen-
ter of Granada, very close to the Cathedral of Granada.

The Casa Palacio de los Zayas house is easily accesible
on foot, 16 min walking from the Faculty of Sciences. It is
also possible to get there by public transport using the N5
or 4 bus line and walking for a few minutes. The N5 bus
should be taken from the Severo Ochoa - Rector López
Argueta stop and get off at the 12 San Juan de Dios stop.
From here, it only takes 5 minutes to get to the final desti-
nation.

Using line 4, you can get off at the bus stop called 7
Gran Vía - Catedral and walk approximately 5 minutes to
the place.
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Gala dinner: Tuesday 15 November, 20:30.

La Chumbera
Address: Cam. del Sacromonte, 107, 18010 Granada
Phone: 958 55 89 02
Web: www.lachumbera.com
The gala dinner will be in La Chumbera, which is the typical restaurant in the Sacromonte
neighborhood, in a cave with a terrace facing the Alhambra.

La Chumbera can be accessed on foot, although, unlike
Casa los Zayas, it takes a longer walk of around 40 min
from the Faculty of Sciences.

Alternatively, La Chumbera can be reached by bus,
taking the C31 line at C/ Cuesta del Hospicio - Triunfo
(a few minutes walk from the Faculty) until the Cuesta del
Chapiz - Peso de la Harina stop and then walking 5 min.
Bus line C32 can be also taken at Plaza Nueva up to Peso
de la Harina.
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Lunch & Coffee Breaks

ETSIE Faculty of Sciences
Address: Calle Dr. Severo Ochoa, s/n Av. de Fuente Nueva, s/n
Phone: 958 24 31 07 958 24 06 98/99

Lunch is included in registrations and will be served Monday and Tuesday (from
13:30) at the nearby Escuela Técnica Superior de Ingeniería de Edificación (ETSIE,
map below). Coffee breaks will be served in the Cafeteria of the Faculty of Sciences.

To get to the ETSIE, just go out the back door of the Fac-
ulty of Sciences (located next to Adolfo Rancaño street)
and walk for about 5 minutes along Alcalde Yoldi Bereau
street.

The Cafeteria of the Faculty of Sciences is inside the
building where the IberSPEECH 2022 Conference is be-
ing held and is next to the main door of the faculty.
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Invited Speakers

Massimiliano Todisco is a professor of audio and speech
technologies at the EURECOM Digital Security Depart-
ment in France. He received his PhD in Sensorial and
Learning Systems Engineering from the University of
Rome Tor Vergata in 2012. From 2012 to 2015 he was a
postdoctoral researcher at Fondazione Ugo Bordoni and
Tor Vergata University in Rome. From 2015 to 2020, he
was a senior research fellow at EURECOM. Massimil-
iano is best known for contributions to fake audio detec-
tion. He is the inventor of the constant Q cepstral co-
efficients (CQCCs), the most used features and source

of inspiration for many researchers in speech processing, speaker recognition and
anti-spoofing field. For this work, he was honoured with the ISCA 2020 award for
the best article published in the journal Computer Speech and Language during the
quinquennium 2015-2019. He co-organises the ASVspoof challenge series, which is
community-led challenges that promote the development of countermeasures to pro-
tect automatic speaker verification (ASV) from the threat of spoofing. He is currently
principal investigator and coordinator of TReSPAsS-ETN, an EU Marie Skłodowska-
Curie Innovative Training Network (ITN) project, and RESPECT, a project funded by
the national research agencies of France and Germany. His current interests are in
developing explainable DNN architectures for speech processing and speaker recog-
nition, fake audio detection and anti-spoofing, and the development of privacy preser-
vation algorithms for speech signals based on encryption solutions that support com-
putation upon signals, templates and models in the encrypted domain.

Isabel Trancoso is a full professor at Instituto Supe-
rior Técnico (IST, Univ. Lisbon), the University where she
got her PhD degree in 1987. She was the founder of the
Human Language Technology Lab and the former Pres-
ident of the Scientific Council of INESC ID Lisbon. She
chaired the ECE Department of IST, was Editor-in-Chief
of the IEEE Transactions on Speech and Audio Process-
ing and had many leadership roles in SPS (Signal Pro-
cessing Society of IEEE) and ISCA (International Speech
Communication Association), namely having been Presi-
dent of ISCA and Chair of the Fellow Evaluation Commit-

tees of both SPS and ISCA. She was elevated to IEEE Fellow in 2011, and to ISCA
Fellow in 2014.
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Simon Wiesler is a Science Manager in Alexa ASR at
Amazon. He received his PhD from RWTH Aachen Uni-
versity, Germany, in 2016. Prior to his PhD, he completed
a Diploma degree in Mathematics from the University of
Marburg, Germany. At Amazon, he manages a team of
scientists, which develops current and future technology
for the Alexa cloud speech recognition system. His cur-
rent research interests include machine learning for far-
field speech recognition and use of context information in
speech recognition systems.
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Technical Program

Monday, November 14

Oral 1: Speech Synthesis
Monday, 14 November 2022, 9:20 - 10:40
Chair: Antonio Bonafonte

O1.1
09:20 - 09:40 Discrete Acoustic Space for an Efficient Sampling in Neural Text-To-

Speech
Marek Strelec, Jonas Rohnke, Antonio Bonafonte, Mateusz La-
jszczak and Trevor Wood

13

O1.2
09:40 - 10:00 An animated realistic head with vocal tract for the finite element sim-

ulation of vowel /a/
Marc Arnela, Leonardo Pereira-Vivas and Jorge Egea

14

O1.3
10:00 - 10:20 Exploring the limits of neural voice cloning: A case study on two well-

known personalities
Ander González-Docasal, Aitor Álvarez, Haritz Arzelus

15

O1.4
10:20 - 10:40 Analysis of iterative adaptive and quasi closed phase inverse filtering

techniques on OPENGLOT synthetic vowels
Marc Freixes, Joan Claudi Socoró and Francesc Alías

16

Keynote 1
Monday, 14 November 2022, 11:00 - 12:00

KN1
11:00 - 12:00 Secure and explainable voice biometrics

Massimiliano Todisco
17

3



Posters 1: Topics on Speech and Language Technologies
Monday, 14 November 2022, 12:00 - 13:30
Chair: Antonio Teixeira

P1.1
12:00 - 13:30 An Experimental Study on Light Speech Features for Small-Footprint

Keyword Spottings
Iván López-Espejo, Zheng-Hua Tan and Jesper Jensen

18

P1.2
12:00 - 13:30 S3prl-Disorder: Open-Source Voice Disorder Detection System

based in the Framework of S3PRL-toolkitg
Dayana Ribas, Miguel Angel Pastor Yoldi, Antonio Miguel, David
Martínez, Alfonso Ortega and Eduardo Lleida

19

P1.3
12:00 - 13:30 Active Learning Improves the Teacher’s Experience: A Case Study

in a Language Grounding Scenario
Filipe Reynaud, Eugénio Ribeiro and David Martins de Matos

20

P1.4
12:00 - 13:30 The role of window length and shift in complex-domain DNN-based

speech enhancement
Celia García-Ruiz, Angel M. Gomez and Juan M. Martín-Doñas

21

P1.5
12:00 - 13:30 Neural Detection of Cross-lingual Syntactic Knowledge

Yongjian Chen and Mireia Farrús
22

P1.6
12:00 - 13:30 Efficient Transformers for End-to-End Neural Speaker Diarization

Sergio Izquierdo del Alamo, Beltrán Labrador, Alicia Lozano-Diez
and Doroteo T. Toledano

23

P1.7
12:00 - 13:30 CORAA NURC-SP Minimal Corpus: a manually annotated corpus of

Brazilian Portuguese spontaneous speech
Vinícius G. Santos, Caroline Adriane Alves, Bruno Baldissera Car-
lotto, Bruno Angelo Papa Dias, Lucas Rafael Stefanel Gris, Renan
de Lima Izaias, Maria Luiza Azevedo de Morais, Paula Marin de
Oliveira, Rafael Sicoli, Flaviane Romani Fernandes Svartman, Marli
Quadros Leite and Sandra Maria Aluísio

24

P1.8
12:00 - 13:30 Speaker Characterization by means of Attention Pooling

Federico Costa, Miquel India and Javier Hernando
25

P1.9
12:00 - 13:30 Enhancing the Design of a Conversational Agent for an Ethical Inter-

action with Children
Marina Escobar-Planas, Emilia Gomez and Carlos-D. Martínez-
Hinarejos

26
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P1.10
12:00 - 13:30 Sentiment Analysis in Portuguese Dialogues

Isabel Carvalho, Hugo Gonçalo Oliveira and Catarina Silva
27

P1.11
12:00 - 13:30 On the application of conformers to logical access voice spoofing at-

tack detection
Eros Rosello, Alejandro Gomez-Alanis, Manuel Chica, Angel M.
Gomez, Jose A. Gonzalez and Antonio M. Peinado

28

P1.12
12:00 - 13:30 Speech emotion recognition in Spanish TV Debates

Irune Zubiaga, Raquel Justo, M. Inés Torres and Mikel De Velasco
29

P1.13
12:00 - 13:30 Assessing Transfer Learning and automatically annotated data in the

development of Named Entity Recognizers for new domains
Emanuel Matos, Mário Rodrigues and António Teixeira

30

P1.14
12:00 - 13:30 On the detection of acoustic events for public security: the chal-

lenges of the counter-terrorism domain
Anna Pompili, Tiago Luís, Nuno Monteiro, João Miranda, Carlo
Mendes and Sérgio Paulo

31

P1.15
12:00 - 13:30 Database dependence comparison in detection of physical access

voice spoofing attacks
Manuel Chica, Alejandro Gomez-Alanis, Eros Rosello, Angel M.
Gomez, Jose A. Gonzalez and Antonio M. Peinado

32

P1.16
12:00 - 13:30 Measuring trust at zero-acquaintance using acted-emotional videos

Cristina Luna Jiménez, Syaheerah Lebai Lutfi, Manuel Gil-Martín,
Ricardo Kleinlein, Juan M. Montero and Fernando Fernández-
Martínez

33

Oral 2: Automatic Speech Recognition
Monday, 14 November 2022, 15:00 - 17:00
Chair: Hermann Ney

O2.1
15:00 - 15:20 Galician’s Language Technologies in the Digital Age

José Manuel Ramírez Sánchez, Laura Docio-Fernandez and Car-
men Garcia Mateo

34

O2.2
15:20 - 15:40 Contextual-Utterance Training for Automatic Speech Recognition

Alejandro Gomez-Alanis, Lukas Drude, Andreas Schwarz, Rupak Vi-
gnesh Swaminathan and Simon Wiesler

35
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O2.3
15:40 - 16:00 Phone classification using electromyographic signals

Eder Del Blanco, Inge Salomons, Eva Navas and Inma Hernáez
36

O2.4
16:00 - 16:20 Semisupervised training of a fully bilingual ASR system for Basque

and Spanish
Mikel Penagarikano, Amparo Varona, German Bordel and Luis J.
Rodriguez-Fuentes

37

O2.5
16:20 - 16:40 Speaker-Adapted End-to-End Visual Speech Recognition for Contin-

uous Spanish
David Gimeno-Gómez and Carlos David Martínez Hinarejos

38

O2.6
16:40 - 17:00 Iterative pseudo-forced alignment by acoustic CTC loss for self-

supervised ASR domain adaptation
Fernando López and Jordi Luque

39

RTTH Assembly
Monday, 14 November 2022, 17:20 - 18:50
Only for RTTH members
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Tuesday, November 15

Oral 3: Speech and Audio Processing
Tuesday, 15 November 2022, 9:00 - 10:40
Chair: Alfonso Ortega

O3.1
09:00 - 09:20 On the potential of jointly-optimised solutions to spoofing attack de-

tection and automatic speaker verification
Wanying Ge, Hemlata Tak, Massimiliano Todisco and Nicholas
Evans

40

O3.2
09:20 - 09:40 A Study on the Use of wav2vec Representations for Multiclass Audio

Segmentation
Pablo Gimeno, Alfonso Ortega, Antonio Miguel and Eduardo Lleida

41

O3.3
09:40 - 10:00 Respiratory Sound Classification Using an Attention LSTM Model

with Mixup Data Augmentation
Noelia Salor-Búrdalo and Ascensión Gallardo-Antolín

42

O3.4
10:00 - 10:20 The Vicomtech Spoofing-Aware Biometric System for the SASV

Challenge
Juan Manuel Martín-Doñas, Iván González Torre, Aitor Álvarez and
Joaquin Arellano

43

O3.5
10:20 - 10:40 VoxCeleb-PT - a dataset for a speech processing course

John Mendonca and Isabel Trancoso
44

Keynote 2
Tuesday, 15 November 2022, 11:00 - 12:00

KN2
11:00 - 12:00 Disease biomarkers in speech

Isabel Trancoso
45
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Posters 2: Special Sessions
Tuesday, 15 November 2022, 12:00 - 13:30
Chair: Inma Hernáez

Ph.D. Thesis

P2.1
12:00 - 13:30 Representation and Metric Learning Advances for Deep Neural Net-

work Face and Speaker Biometric Systems
Victoria Mingote and Antonio Miguel

46

P2.2
12:00 - 13:30 Voice Biometric Systems based on Deep Neural Networks: A Ph.D.

Thesis Overview
Alejandro Gomez-Alanis, Jose Andres Gonzalez-Lopez and Antonio
Miguel Peinado Herreros

47

P2.3
12:00 - 13:30 Online Multichannel Speech Enhancement combining Statistical Sig-

nal Processing and Deep Neural Networks: A Ph.D. Thesis Overview
Juan Manuel Martín-Doñas, Antonio M. Peinado and Angel M.
Gomez

48

Research and Development Projects

P2.4
12:00 - 13:30 ReSSInt project: voice restoration using Silent Speech Interfaces

Inma Hernaez, Jose Andres Gonzalez Lopez, Eva Navas, Jose Luis
Pérez Córdoba, Ibon Saratxaga, Gonzalo Olivares, Jon Sanchez de
la Fuente, Alberto Galdón, Victor Garcia, Jesús del Castillo, Inge
Salomons and Eder del Blanco Sierra

49

P2.5
12:00 - 13:30 ELE Project: an overview of the desk research

Itziar Aldabe, Aritz Farwell, Eva Navas, Inma Hernaez and German
Rigau

50

P2.6
12:00 - 13:30 Snorble: An Interactive Children Companion

Mike Rizkalla, Thomas Chan, Emilio Granell, Chara Tsoukala, Aitor
Carricondo, Carlos Bailon, María Teresa González and Vicent Al-
abau

51

P2.7
12:00 - 13:30 Fusion of Classical Digital Signal Processing and Deep Learning

methods (FTCAPPS)
Angel M. Gómez, Victoria E. Sanchez, Antonio M. Peinado, Juan
M. Martín-Doñas, Alejandro Gómez-Alanis, Amelia Villegas-Morcillo,
Eros Rosello, Manuel Chica, Celia García and Ivan López-Espejo

52
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P2.8
12:00 - 13:30 Spanish Lipreading in Realistic Scenarios: the LLEER project

Carlos David Martinez Hinarejos, David Gimeno-Gomez, Francisco
Casacuberta, Emilio Granell, Roberto Paredes, Moisés Pastor and
Enrique Vidal

53

P2.9
12:00 - 13:30 Clinical Applications of Neuroscience: Locating Language Areas in

Epileptic Patients and Restoring Speech in Paralyzed People
Jose Andres Gonzalez Lopez, Alberto Galdón, Gonzalo Olivares,
Sneha Raman, David Muñoz, Daniela Paolieri, Pedro Macizo, José
L. Pérez-Córdoba, Antonio M. Peinado, Angel Gomez, Victoria E.
Sanchez and Ana B. Chica

54

P2.10
12:00 - 13:30 ORKESTA Comprehensive Solution for the Orchestration of Services

and Soci-Sanitary Care at Home
Juan Alos, Julien Boullié, M. Inés Torres, Eneko Ruiz, Andoni Beris-
tain, Jacobo López Fernández, Iñaki Tellería, Janeth Carolina Car-
reño, Iker Garay, Arkaitz Carbajo, Amaia Santamaría, Urtzi Zubiate,
Jon Ander Arzallus, Francisco Martínez and Adriana Martínez

55

P2.11
12:00 - 13:30 The CITA GO-ON trial: A person-centered, digital, intergenera-

tional, and cost- effective dementia prevention multi-modal interven-
tion model to guide strategic policies facing the demographic chal-
lenges of progressive aging
Mikel Tainta, Javier Mikel Olaso, M. Inés Torres, Mirian Ecay-
Torres, Nekane Balluerka, Naia Ros, Mikel Izquierdo, Mikel Saéz
de Asteasu, Usune Etxebarria, Lucía Gayoso, Maider Mateo, Oliver
Ibarrondo, Elena Alberdi, Estíbaliz Capetillo-Zárate, Jesus Angel
Bravo and Pablo Martínez-Lage

56

P2.12
12:00 - 13:30 The BioVoz Project: Secure Speech Biometrics by Deep Processing

Techniques
Antonio M. Peinado, Alejandro Gomez-Alanis, Jose Andres
Gonzalez-Lopez, Angel M. Gomez, Eros Rosello, Manuel Chica-
Villar, Jose C. Sanchez-Valera, Jose L. Perez-Cordoba and Victoria
Sanchez

57

P2.13
12:00 - 13:30 Automatic evaluation of the pronunciation of people with Down syn-

drome in an educational video game
César González-Ferreras, Valentín Cardeñoso-Payo, David Escud-
ero, Carlos Vivaracho-Pascual, Lourdes Aguilar, Valle Flores-Lucas
and Mario Corrales Astorgano

58
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Demos

P2.14
12:00 - 13:30 SONOC Platform for Audio and Speech Analytics in Call Centers

Dayana Ribas, Antonio Miguel, Luis Guillen, Jose Javier Castejon,
Juan Antonio Navarro, Alfonso Ortega and Luis Benavente

59

Entrepreneurship

P2.15
12:00 - 13:30 ELSA Speak

Xavier Anguera
60

P2.16
12:00 - 13:30 Monoceros Labs: From Voice Applications To Voice Synthesis In The

Spanish Market
Nieves Abalos and Carlos Muñoz-Romero

61

Oral 4: Speech and Audio Processing
Tuesday, 15 November 2022, 15:00 - 17:00
Chair: Carmen Peláez Moreno

O4.1
15:00 - 15:20 Cross-Corpus Speech Emotion Recognition with HuBERT Self-

Supervised Representation
Miguel Pastor, Dayana Ribas, Alfonso Ortega, Antonio Miguel and
Eduardo Lleida

62

O4.2
15:20 - 15:40 Analysis of Trustworthiness Recognition models from an aural and

emotional perspective
Cristina Luna Jiménez, Ricardo Kleinlein, Syaheerah Lebai Lutfi,
Juan M. Montero and Fernando Fernández-Martínez

63

O4.3
15:40 - 16:00 Speech and Text Processing for Major Depressive Disorder Detec-

tion
Edward L. Campbell, Laura Docío Fernández, Nicholas Cummins
and Carmen García Mateo

64

O4.4
16:00 - 16:20 Bridging the Semantic Gap with Affective Acoustic Scene Analysis:

an Information Retrieval-based Approach
Clara Luis-Mingueza, Esther Rituerto-González and Carmen
Peláez-Moreno

65

O4.5
16:20 - 16:40 Detecting Gender-based Violence aftereffects from Emotional

Speech Paralinguistic Features
Emma Reyner Fuentes, Esther Rituerto González, Clara Luis
Mingueza, Carmen Peláez Moreno and Celia López Ongil

66
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O4.6
16:40 - 17:00 Extraction of structural and semantic features for the identification of

Psychosis in European Portuguese
Rodrigo Sousa, Helena Sofia Pinto, Alberto Abad, Daniel Neto and
Joaquim Gago

67

Albayzin Evaluations
Tuesday, 15 November 2022, 17:20-19:20
Chair: Eduardo Lleida Solano

A.1
17:20 - 19:20 The Vicomtech-UPM Speech Transcription Systems for the

Albayzín-RTVE 2022 Speech to Text Transcription Challenge
Haritz Arzelus, Iván G. Torres, Juan Manuel Martín-Doñas, Ander
González-Docasal and Aitor Alvarez

68

A.2
17:20 - 19:20 TID Spanish ASR system for the Albayzin 2022 Speech-to-Text Tran-

scription Challenge
Fernando López and Jordi Luque

69

A.3
17:20 - 19:20 BCN2BRNO: ASR System Fusion for Albayzin 2022 Speech to Text

Challenge
Martin Kocour, Jahnavi Umesh, Martin Karafiat, Ján Švec, Fernando
López, Jordi Luque, Karel Beneš, Mireia Diez, Igor Szoke, Karel
Veselý, Lukáš Burget and Jan Černocký

70

A.4
17:20 - 19:20 BUT System for Albayzin 2022 Text and Speech Alignment Chal-

lenge
Martin Kocour, Jahnavi Umesh, Martin Karafiat, Igor Szoke, Karel
Beneš and Jan Černocký

71

A.5
17:20 - 19:20 Intelligent Voice Speaker Recognition and Diarization System for

IberSpeech 2022 Albayzin Evaluations Speaker Diarization and
Identity Assignment Challenge
Roman Shrestha, Cornelius Glackin, Julie Wall and Nigel Cannings

72

A.6
17:20 - 19:20 ViVoLAB System Description for the S2TC IberSPEECH-RTVE 2022

challenge
Antonio Miguel, Alfonso Ortega and Eduardo Lleida

73

A.7
17:20 - 19:20 GTTS Systems for the Albayzin 2022 Speech and Text Alignment

Challenge
Rodrigo Sousa, Helena Sofia Pinto, Alberto Abad, Daniel Neto and
Joaquim Gago

74
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Wednesday, November 16

Oral 5: Natural Language Processing
Wednesday, 16 November 2022, 9:00 - 10:40
Chair: Zoraida Callejas Carrión

O5.1
09:00 - 09:20 An Attentional Extractive Summarization Framework

José Ángel González, Encarna Segarra, Fernando García-Granada,
Emilio Sanchis and Lluis-F Hurtado

75

O5.2
09:20 - 09:40 SUMBot: Summarizing Context in Open-Domain Dialogue Systems

Rui Ribeiro and Luísa Coheur 76
O5.3
09:40 - 10:00 Automatic Detection of Inconsistencies in Open-Domain Chatbots

Jorge Mira Prats, Marcos Estecha-Garitagoitia, Mario Rodríguez-
Cantelar and Luis Fernando D’Haro

77

O5.4
10:00 - 10:20 Ethics Guidelines for the Development of Virtual Assistants for e-

Health
Andrés Piñeiro Martín, Carmen García Mateo, Laura Docío Fernán-
dez and María del Carmen López Pérez

78

O5.5
10:20 - 10:40 esCorpius: A Massive Spanish Crawling Corpus

Asier Gutiérrez-Fandiño, David Pérez-Fernández, Jordi Armengol-
Estapé, David Griol and Zoraida Callejas

79

Keynote 3
Wednesday, 16 November 2022, 11:00 - 12:00

KN3
11:00 - 12:00 Utilizing context information in speech recognition for voice assis-

tants
Simon Wiesler

80

Round Table
Wednesday, 16 November 2022, 12:00 - 13:00
Chair: Dayana Rivas

EN
12:00 - 13:00 Entrepreneurship Round Table

Nieves Abalos, CPO, Monoceros Labs Xavi Anguera, CTO, Elsa
Speak Luis Benavente, CEO, SONOC Oscar Baza, ImpulsaVision

81
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Abstracts

Discrete Acoustic Space for an Efficient Sampling
in Neural Text-To-Speech 14 Nov

9:20
O1.1Marek Strelec, Jonas Rohnke, Antonio Bonafonte,

Mateusz Lajszczak and Trevor Wood
Amazon, Alexa AI

We present a Split Vector Quantized Variational Autoencoder (SVQ-VAE) archi-
tecture using a split vector quantizer for NTTS, as an enhancement to the well-known
Variational Autoencoder (VAE) and Vector Quantized Variational Autoencoder (VQ-
VAE) architectures. Compared to these previous architectures, our proposed model
retains the benefits of using an utterance-level bottleneck, while keeping significant
representation power and a discretized latent space small enough for efficient pre-
diction from text. We train the model on recordings in the expressive task-oriented
dialogues domain and show that SVQ-VAE achieves a statistically significant improve-
ment in naturalness over the VAE and VQ-VAE models. Furthermore, we demonstrate
that the SVQ-VAE latent acoustic space is predictable from text, reducing the gap be-
tween the standard constant vector synthesis and vocoded recordings by 32%.
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An animated realistic head with vocal tract for
the finite element simulation of vowel /a/14 Nov

09:40
O1.2 Marc Arnela, Leonardo Pereira-Vivas and Jorge Egea

La Salle, Universitat Ramon Llull, Barcelona, Catalonia (Spain)

Three-dimensional (3D) acoustic models can accurately simulate the voice pro-
duction mechanism. These models require detailed 3D vocal tract geometries through
which sound waves propagate. A few open source databases typically based on mag-
netic resonance imaging (MRI) are already available in literature. However, the 3D
geometries they contain are mainly focused on the vocal tract and remove the head,
which limits the computational domain of the simulations. This work develops a unified
model consisting of an MRI-based vocal tract geometry set in a realistic head. The
head is generated from scratch based on anatomical data of another subject, and
contains different layers that add an organic appearance to the character. It is then
not only designed to allow accurate finite element simulations of vowels, but more
importantly, it can also be animated to add a realistic visual layer to the generated
sound. This is expected to help in the dissemination of results and also to open po-
tential applications in the audiovisual and animation sector. This paper shows the first
results of the model focusing on the vowel /a/.
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Exploring the limits of neural voice cloning:
A case study on two well-known personalities 14 Nov

10:00
O1.3Ander González-Docasal1,2, Aitor Álvarez1 and Haritz Arzelus1

1Fundacion Vicomtech, Basque Research and Technology Alliance (BRTA);
2University of Zaragoza, Spain

This work describes one successful and one failed Voice Cloning processes of
two famous personalities in order to be broadcast in a high-impact podcast and in a
Spanish public television program. Whilst a good quality synthesised voice could be
generated for the first public figure, the second one was not adequate enough for its
broadcast on television given its low speech quality. In this study, we explore the limits
of the neural voice cloning considering the different conditions of the training material
employed in each case and, based on several objective measures (amount of training
data, phoneme coverage, SNR, MCD and PESQ), we analysed the main features to
be considered for a high-quality synthetic voice generation. In addition, a webpage
is provided in which samples of the resulting audios are available for each cloning
model.
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Analysis of iterative adaptive and quasi closed phase inverse
filtering techniques on OPENGLOT synthetic vowels14 Nov

10:20
O1.4 Marc Freixes, Joan Claudi Socoró and Francesc Alías

GTM – Grup de recerca en Tecnologies Mèdia, La Salle - Universitat Ramon Llull, Barcelona,
Catalonia (Spain)

Three-dimensional source-filter models allow for the articulatory-based generation
of voice but with limited expressiveness yet. From the analysis of expressive speech
corpora through glottal inverse filtering techniques, it has been observed that both the
vocal tract and the glottal source play a key role in the generation of different phona-
tion types. However, the accuracy of the source-filter decomposition depends on the
considered technique. Current Quasi Closed Phase (QCP) and Iterative Adaptive In-
verse Filtering (IAIF) based approaches present pretty good results, despite difficult
to compare as they are obtained from different experiments. This work aims at evalu-
ating the performance of these stateof- the-art methods on the reference OPENGLOT
database, using its repository with synthetic vowels generated with different phonation
types and fundamental frequencies. After optimizing the parameters of each inverse
filtering approach, their performance is compared considering typical glottal flow error
measures. The results show that QCP-based techniques attain statistically significant
lower values in most measures. IAIF variants achieve a significant improvement on
the spectral tilt error measure with respect to the original IAIF, but they are surpassed
by QCP when spectral tilt compensation is applied.
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Secure and explainable voice biometrics 14 Nov
11:00
KN1Massimiliano Todisco

EURECOM Digital Security Department, France

Anti-spoofig for voice biometrics is now an established area of research, thanks to
the four competitive ASVspoof challenges (the fifth is currently underway) that have
taken place over the past decade. Growing research effort has invested, firstly, in
the development of front-end representations that capture more reliably the tell-tale
artefacts that are indicative of utterances generated with text-to-speech and voice
conversion algorithms and, secondly, in the development of deep and end-to-end so-
lutions. Despite enormous efforts and positive achievements, little is still known about
the artefacts these recognisers use to identify spoofing utterances or distinguish be-
tween bonafide and spoofed. Although many unanswered questions remain, this talk
aims to provide insights and inspirations, through examples, into the behaviour of
voice anti-spoofing systems. Particular attention will be given to data augmentation
and boosting methods that have been shown instrumental to reliability. The ultimate
goal is to better understand these artefacts from a physical and perceptual point of
view and how they are actually seen by automatic processes, which puts us in a better
position to design more reliable countermeasures.
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An Experimental Study on Light Speech Features for
Small-Footprint Keyword Spotting14 Nov

12:00
P1.1 Iván López-Espejo1, Zheng-Hua Tan2 and Jesper Jensen1,2

1Department of Electronic Systems, Aalborg University, Denmark;
2Oticon A/S, Denmark

Keyword spotting (KWS) is, in many instances, intended to run on smart elec-
tronic devices characterized by limited computational resources. To meet computa-
tional constraints, a series of techniques —ranging from feature and acoustic model
parameter quantization to the reduction of the number of model parameters and re-
quired multiplications— has been explored in the literature. With this same aim, in
this paper, we study a straightforward alternative consisting of the reduction of the
spectro/cepstro-temporal resolution of log-Mel and Melfrequency cepstral coefficient
feature matrices commonly employed in KWS. We show that the feature matrix size
has a strong impact on the number of multiplications/energy consumption of a state-
of-the-art KWS acoustic model based on convolutional neural network. Experimental
results demonstrate that the number of elements in commonly used speech feature
matrices can be reduced by a factor of 8 while essentially maintaining KWS perfor-
mance. Even more interestingly, this size reduction leads to a 9.6× number of multi-
plications/energy consumption, 4.0× training time and 3.7× inference time reduction.
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S3prl-Disorder: Open-Source Voice Disorder Detection System
based in the Framework of S3PRL-toolkit 14 Nov

12:00
P1.2Dayana Ribas1, Miguel Angel Pastor Yoldi1, Antonio Miguel1, David Martínez2,

Alfonso Ortega1 and Eduardo Lleida1

1ViVoLab, Aragon Institute for Engineering Research, University of Zaragoza, Spain;
2LumenVox, Germany

This paper introduces S3prl-Disorder, an open-source toolkit for Automatic Voice
Disorder Detection (AVDD) developed in the framework of the S3prl toolkit. It fo-
cuses on a binary classification task between healthy and pathological speech in the
Saarbruecken Voice Database (SVD). However, the framework left room for following
extensions to multi-class classification to differentiate among pathologies and to incor-
porate more datasets. This work aims to contribute on the development of automatic
systems for diagnosis, treatment, and monitoring of voice pathologies in a common
framework, that allows reproducibility and comparability among systems and results.
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Active Learning Improves the Teacher’s Experience: A Case
Study in a Language Grounding Scenario14 Nov

12:00
P1.3 Filipe Reynaud, Eugénio Ribeiro and David Martins de Mato

INESC-ID Lisboa, Portugal
Instituto Superior Técnico, Universidade de Lisboa, Portugal

Active Learning, that is, assigning the responsibility of learning to the students,
is an important tool in education as it makes the students become engaged in and
think about the things they do. A similar concept was adopted in the context of Ma-
chine Learning as a means to reduce the annotation effort by selecting the examples
that are most relevant or provide more information at a given time. Most studies on
this subject focus on the learner’s performance. However, in interactive scenarios,
the teacher’s experience is also a relevant aspect, as it affects their willingness to
interact with artificial learners. In this paper, we address that aspect by performing
a case study in a language grounding scenario, in which humans have to engage in
dialog with a learning agent and teach it how to recognize observations of certain
objects. Overall, the results of our experiments show that humans prefer to interact
with an active learner, as it seems more intelligent, gives them a better perception of
its knowledge, and makes the dialog more natural and enjoyable.
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The role of window length and shift in complex-domain
DNN-based speech enhancement 14 Nov

12:00
P1.4Celia García-Ruiz1, Angel M. Gomez1 and Juan M. Martín-Doñas2

1Dpt. Signal Theory, Telematics and Communications, University of Granada, Spain;
2Fundación Vicomtech, Basque Research and Technology Alliance (BRTA)

Deep learning techniques have widely been applied to speech enhancement as
they show outstanding modeling capabilities that are needed for proper speech-noise
separation. In contrast to other end-to-end approaches, masking-based methods con-
sider speech spectra as input to the deep neural network, providing spectral masks
for noise removal or attenuation. In these approaches, the Short-Time Fourier Trans-
form (STFT) and, particularly, the parameters used for the analysis/synthesis window,
plays an important role which is often neglected. In this paper, we analyze the ef-
fects of window length and shift on a complex-domain convolutional-recurrent neural
network (DCCRN) which is able to provide, separately, magnitude and phase correc-
tions. Different perceptual quality and intelligibility objective metrics are used to as-
sess its performance. As a result, we have observed that phase corrections have an
increased impact with shorter window sizes. Similarly, as window overlap increases,
phase takes more relevance than magnitude spectrum in speech enhancement.
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Neural Detection of Cross-lingual Syntactic Knowledge14 Nov
12:00
P1.5 Yongjian Chen1 and Mireia Farrús1,2

1Centre de Llenguatge i Computació (CLiC), Universitat de Barcelona, Barcelona, Spain;
2Institut de Recerca en Sistemes Complexos (UBICS), Universitat de Barcelona, Spain

In recent years, there has been prominent development in pretrained multilingual
language models, such as mBERT, XLMR, etc., which are able to capture and learn
linguistic knowledge from input across a variety of languages simultaneously. How-
ever, little is known about where multilingual models localise what they have learnt
across languages. In this paper, we specifically evaluate cross-lingual syntactic infor-
mation embedded in CINO, a more recent multilingual pre-trained language model.
We probe CINO on Universal Dependencies treebank datasets of English and Chi-
nese Mandarin for two syntax-related layerwise evaluation tasks: Part-of-Speech Tag-
ging at token level and Syntax Tree-depth Prediction at sentence level. The results
of our layer-wise probing experiments show that token-level syntax is localisable in
higher layers and consistency is shown across the typologically different languages,
whereas sentencelevel syntax is distributed across the layers in typology-specific and
universal manners.
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Efficient Transformers for End-to-End Neural Speaker Diarization 14 Nov
12:00
P1.6Sergio Izquierdo del Alamo, Beltrán Labrador, Alicia Lozano-Diez and Doroteo T.

Toledano
AUDIAS (Audio, Data Intelligence and Speech), Universidad Autónoma de Madrid, Spain

The recently proposed End-to-End Neural speaker Diarization framework (EEND)
handles speech overlap and speech activity detection natively. While extensions of
this work have reported remarkable results in both two-speaker and multispeaker di-
arization scenarios, these come at the cost of a long training process that requires
considerable memory and computational power. In this work, we explore the inte-
gration of efficient transformer variants into the Self-Attentive EEND with Encoder-
Decoder based Attractors (SA-EEND EDA) architecture. Since it is based on Trans-
formers, the cost of training SA-EEND EDA is driven by the quadratic time and mem-
ory complexity of their self-attention mechanism. We verify that the use of a linear
attention mechanism in SA-EEND EDA decreases GPU memory usage by 22%. We
conduct experiments to measure how the increased efficiency of the training process
translates into the two-speaker diarization error rate on CALLHOME, quantifying the
impact of increasing the size of the batch, the model or the sequence length on train-
ing time and diarization performance. In addition, we propose an architecture com-
bining linear and softmax attention that achieves an acceleration of 12% with a small
relative DER degradation of 2%, while using the same GPU memory as the softmax
attention baseline.
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CORAA NURC-SP Minimal Corpus: a manually annotated corpus
of Brazilian Portuguese spontaneous speech14 Nov

12:00
P1.7 Vinícius G. Santos1, Caroline Adriane Alves1, Bruno Baldissera Carlotto2, Bruno

Angelo Papa Dias1, Lucas Rafael Stefanel Gris3, Renan de Lima Izaias1, Maria
Luiza Azevedo de Morais1, Paula Marin de Oliveira1, Rafael Sicoli1, Flaviane Romani

Fernandes Svartman1, Marli Quadros Leite1 and Sandra Maria Aluísio2

1Faculdade de Filosofia, Letras e Ciências Humanas, University of São Paulo, Brazil;
2Instituto de Ciências Matemáticas e de Computação, University of São Paulo, Brazil;

3Federal University of Technology – Paraná, Brazil

With the advent of technology, the availability of linguistic data in digital format
has been increasingly encouraged to facilitate its use not only in different areas of
Linguistics but also in related areas, such as natural language processing. Inspired by
a protocol for digitizing the NURC (‘Cultured Linguistic Urban Norm’) project collection
— one of the most influential in Brazilian Linguistics —, this paper aims to present the
text-to-speech alignment process of the NURC-Sao Paulo Minimal ~ Corpus. This
subcorpus comprises 21 audio files and audioaligned multilevel transcripts according
to linguistically motivated intonation units (≃18 hours, ≃155 k words), covering three
text genres. The dataset — currently used to evaluate methods for processing the
entire NURC-SP corpus — is publicly available on the Portulan Clarin repository [CC
BY-NC-ND 4.0] (https://hdl.handle.net/21.11129/0000-000F-73CA-C).
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Speaker Characterization by means of Attention Pooling 14 Nov
12:00
P1.8Federico Costa, Miquel India and Javier Hernando

TALP Research Center, Department of Signal Theory and Communications, Universitat
Politecnica de Catalunya, Barcelona, Spain

State-of-the-art Deep Learning systems for speaker verification are commonly
based on speaker embedding extractors. These architectures are usually composed
of a feature extractor front-end together with a pooling layer to encode variable length
utterances into fixed-length speaker vectors. The authors have recently proposed the
use of a Double Multi-Head SelfAttention pooling for speaker recognition, placed be-
tween a CNN-based front-end and a set of fully connected layers. This has shown to
be an excellent approach to efficiently select the most relevant features captured by
the front-end from the speech signal. In this paper we show excellent experimental
results by adapting this architecture to other different speaker characterization tasks,
such as emotion recognition, sex classification and COVID-19 detection.
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Conversational agents (CAs) have become one of the most popular applications of
speech and language technologies in the last decade. Those agents employ speech
interaction to perform several tasks, from information retrieval to purchase goods from
on-line stores. However, these agents are defined to address a general sector of pop-
ulation, mainly adults without speech production problems, and then they fail to obtain
a similar performance with specific groups, such as elderly or children. The case of
children is particularly interesting because they naturally engage in interaction with
those CAs and they have special needs in terms of technical and ethical considera-
tions. Therefore, CAs must fulfil some conditions that could affect their general design
in order to provide a trustworthy interaction with children. In this article we present
how to improve a general CA design to fulfil the specific ethical needs of children in-
teraction. We address the development of a CA devoted to complete a wish list of
games using user preferences, and its improvements towards children.
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Sentiment Analysis in Portuguese Dialogues 14 Nov
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Sentiment analysis in dialogue aims at detecting the sentiment expressed in the
utterances of a conversation, which may improve human-computer interaction in nat-
ural language. In this paper, we explore different approaches for sentiment analysis in
written Portuguese dialogues, mainly related to customer support in Telecommunica-
tions. If integrated into a conversational agent, this will enable the automatic identifica-
tion and a quick reaction upon clients manifesting negative sentiments, possibly with
human intervention, hopefully minimising the damage. Experiments were performed
in two manually annotated real datasets: one with dialogues from the call-center of a
Telecommunications company (TeleComSA); another of Twitter conversations primar-
ily involving accounts of Telecommunications companies. We compare the perfor-
mance of different machine learning approaches, from traditional to more recent, with
and without considering previous utterances. The Finetuned BERT achieved the high-
est F1 Scores in both datasets, 0.87 in the Twitter dataset, without context, and 0.93
in the TeleComSA, considering context. These are interesting results and suggest
that automated customer-support may benefit from sentiment detection. Another in-
teresting finding was that most models did not benefit from using previous utterances,
suggesting that, in this scenario, context does not contribute much, and classifying
the current utterance can be enough.
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On the application of conformers to logical access voice spoofing
attack detection14 Nov
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Spain

Biometric systems are exposed to spoofing attacks which may compromise their
security, and automatic speaker verification (ASV) is no exception. To increase the
robustness against such attacks, anti-spoofing systems have been proposed for the
detection of spoofed audio attacks. However, most of these systems can not cap-
ture long-term feature dependencies and can only extract local features. While trans-
formers are an excellent solution for the exploitation of these long-distance correla-
tions, they may degrade local details. On the contrary, convolutional neural networks
(CNNs) are a powerful tool for extracting local features but not so much for captur-
ing global representations. The conformer is a model that combines the best of both
techniques, CNNs and transformers, to model both local and global dependencies
and has been used for speech recognition achieving state-of-the-art performance.
While conformers have been mainly applied to sequence-to-sequence problems, in
this work we make a preliminary study of their adaptation to a binary classification
task such as anti-spoofing, with focus on synthesis and voice-conversion-based at-
tacks. To evaluate our proposals, experiments were carried out on the ASVspoof
2019 logical access database. The experimental results show that the proposed sys-
tem can obtain encouraging results, although more research will be required in order
to outperform other state-of-the-art systems.
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Speech emotion recognition in Spanish TV Debates 14 Nov
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Emotion recognition from speech is an active field of study that can help build
more natural human–machine interaction systems. Even though the advancement
of deep learning technology has brought improvements in this task, it is still a very
challenging field. For instance, when considering real life scenarios, things such as
tendency toward neutrality or the ambiguous definition of emotion can make labeling
a difficult task causing the data-set to be severally imbalanced and not very represen-
tative. In this work we considered a real life scenario to carry out a series of emotion
classification experiments. Specifically, we worked with a labeled corpus consisting of
a set of audios from Spanish TV debates and their respective transcriptions. First, an
analysis of the emotional information within the corpus was conducted. Then different
data representations were analyzed as to choose the best one for our task; Spec-
trograms and UniSpeech-SAT were used for audio representation and DistilBERT for
text representation. As a final step, Multimodal Machine Learning was used with the
aim of improving the obtained classification results by combining acoustic and textual
information.
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With recent advances Deep Learning, pretrained models and Transfer Learning,
the lack of labeled data has become the biggest bottleneck preventing use of Named
Entity Recognition (NER) in more domains and languages. To relieve the pressure
of costs and time in the creation of annotated data for new domains, we proposed
recently automatic annotation by an ensemble of NERs to get data to train a Bidi-
rectional Encoder Representations from Transformers (BERT) based NER for Por-
tuguese and made a first evaluation. Results demonstrated the method has potential
but were limited to one domain. Having as main objective a more in-depth assessment
of the method capabilities, this paper presents: (1) evaluation of the method in other
domains; (2) assessment of the generalization capabilities of the trained models, by
applying them to new domains without retraining; (3) assessment of additional training
with in-domain data, also automatically annotated. Evaluation, performed using the
test part of MiniHAREM, Paramopama and LeNER Portuguese datasets, confirmed
the potential of the approach and demonstrated the capability of models previously
trained for tourism domain to recognize entities in new domains, with better perfor-
mance for entities of types PERSON, LOCAL and ORGANIZATION.
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On the detection of acoustic events for public security: the
challenges of the counter-terrorism domain 14 Nov
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Massive amounts of audio-visual contents are shared in public platforms everyday.
These contents are created with many purposes, from entertaining or teaching, to ex-
tremist propaganda. Civil security actors need to monitor these platforms to detect
and neutralize security threats. Generating actionable knowledge from multimedia
contents requires the extraction of multiple information, from linguistic data to sounds
and background noises. Information extraction demands audio-visual annotations, a
costly, time-consuming task when performed manually, which hinders the analysis of
such an overwhelming amount of data. This work, performed in the context of the EU
Horizon 2020 Project AIDA, addresses the challenge of building a robust sound de-
tector focused on events relevant to the counterterrorism domain. Our classification
framework combines PLP features with a convolutional architecture to train a scalable
model on a large number of events that is later fine-tuned on the subset of interest.
The fusion of different corpora was also investigated, showing the difficulties posed by
this task. With our framework, results attained an average F1-score of 0.53% on the
target set of events. Of relevance, during the fine-tune phase a general-purpose class
was introduced, which allowed the model to generalize on ’unseen’ events, highlight-
ing the importance of a robust fine-tune.
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Database dependence comparison in detection of physical
access voice spoofing attacks14 Nov

12:00
P1.15 Manuel Chica, Alejandro Gomez-Alanis, Eros Rosello, Angel M. Gomez, Jose A.

Gonzalez and Antonio M. Peinado
Department of Signals Theory, Telematics and Communications,

University of Granada, Spain

The antispoofing challenges are designed to work on a single database, on which
we can test our model. The automatic speaker verification spoofing and counter-
measures (ASVspoof) [1] challenge series is a community-led initiative that aims to
promote the consideration of spoofing and the development of countermeasures. In
general, the idea of analyzing the databases individually has been the dominant ap-
proach but this could be rather misleading. This paper provides a study of the gen-
eralization capability of antispoofing systems based on neural networks by combining
different databases for training and testing. We will try to give a broader vision of the
advantages of grouping different datasets. We will delve into the ”replay attacks” on
physical data. This type of attack is one of the most difficult to detect since only a few
minutes of audio samples are needed to impersonate the voice of a genuine speaker
and gain access to the ASV system. To carry out this task, the ASV databases from
ASVspoof-challenge [2], [3],[4] have been chosen and will be used to have a more
concrete and accurate vision of them. We report results on these databases using
different neural network architectures and set-ups.
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videos 14 Nov
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Trustworthiness recognition attracts the attention of the research community due
to its main role in social communications. However, few datasets are available and
there are still many dimensions of trust to investigate. This paper presents a study of
an annotation tool for creating of a trustworthiness corpus. Specifically, we asked the
participants to rate short emotional videos extracted from RAVDESS at zero acquain-
tance and studied the relationship between their trustworthiness score and other char-
acteristics of the subjects of each video. Eloquence (ρ = 0.41), kindness (ρ = 0.32),
attractiveness (ρ = 0.34), and authenticity of emotion transmitted (ρ = 0.6) are shown
to be important determinants of perceived trustworthiness. In addition, we have mea-
sured a strong association between some of the variables under study. For example,
physical beauty and voice pleasantness obtain a ρ = 0.71, or eloquence and expres-
siveness (ρ = 0.65), which opens a future line of investigation to study how people un-
derstand attractiveness and eloquence from these perspectives. Finally, an attribute
selection strategy identified that frequency and spectral-related attributes could be
accurate aural indicators of perceived trustworthiness.
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Galician’s Language Technologies in the Digital Age14 Nov
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This study was carried out under the initial state of the European Language Equal-
ity project to report technology support for Europe’s languages. In this paper, we show
an overview of the current state of automatic speech recognition technologies for Gali-
cian. In addition, we compare, over a small set of Galician TV shows, the performance
of two of the most reported automatic recognition system with support for Galician:
the one developed by the University of Vigo and the one offered by Google. Our
research shows impressive growth in the amount of data and resources created for
Galician in the last four years. However, the scope of the resources and the range
of tools are still limited, especially in the actual context of services and technologies
based on artificial intelligence and big data. The current state of support, resources,
and tools for Galician makes it one of the European languages in danger of being left
behind in the future.
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Recent studies of streaming automatic speech recognition (ASR) recurrent neural
network transducer (RNN-T)-based systems have fed the encoder with past contex-
tual information in order to improve its word error rate (WER) performance. In this pa-
per, we first propose a contextual-utterance training technique which makes use of the
previous and future contextual utterances in order to do an implicit adaptation to the
speaker, topic and acoustic environment. Also, we propose a dual-mode contextual-
utterance training technique for streaming ASR systems. This proposed approach
allows to make a better use of the available acoustic context in streaming models by
distilling “in-place” the knowledge of a teacher (non-streaming mode), which is able
to see both past and future contextual utterances, to the student (streaming mode)
which can only see the current and past contextual utterances. The experimental
results show that a state-of-the-art conformer-transducer system trained with the pro-
posed techniques outperforms the same system trained with the classical RNN-T loss.
Specifically, the proposed technique is able to reduce both the WER and the average
last token emission latency by more than 6% and 40 ms relative, respectively.
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Silent speech interfaces aim at generating speech from biosignals obtained from
the human speech production system. In order to provide resources for the devel-
opment of these interfaces, language-specific databases are required. Several silent
speech electromyography (EMG) databases for English exist. However, a database
for the Spanish language had yet to be developed. The aim of this research is to
validate the experimental design of the first silent speech EMG database for Spanish,
namely the new ReSSInt-EMG database. The EMG signals in this database are ob-
tained using eight surface EMG bipolar electrode pairs located in the face and neck
and are recorded in parallel with either audible or silent speech. Phone classification
experiments are performed, using a set of time-domain features typically used in re-
lated works. As a validation reference, the EMG-UKA Trial Corpus is used, which is
the most commonly used silent speech EMG database for English. The results show
an average test accuracy of 40.85% for ReSSInt- EMG, suggesting that the data ac-
quisition procedure for the new database is valid.
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Automatic speech recognition (ASR) of speech signals with code-switching (an
abrupt language change common in bilingual communities) typically requires spoken
language recognition to get single-language segments. In this paper, we present a
fully bilingual ASR system for Basque and Spanish which does not require such seg-
mentation but naturally deals with both languages using a single set of acoustic units
and a single (aggregated) language model. We also present the Basque Parliament
Database (BPDB) used for the experiments in this work. A semisupervised method is
applied, which starts by training baseline acoustic models on small acoustic datasets
in Basque and Spanish. These models are then used to perform phone recognition
on the BPDB training set, for which only approximate transcriptions are available. A
similarity score derived from the alignment of the nominal and recognized phonetic se-
quences is used to rank a set of training segments. Acoustic models are updated with
those BPDB training segments for which the similarity score exceeds a heuristically
fixed threshold. Using the updated models, Word Error Rate (WER) reduced from
16.46 to 6.99 on the validation set, and from 15.06 to 5.16 on the test set, meaning
57.5% and 65.74% relative WER reductions over baseline models, respectively.
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Different studies have shown the importance of visual cues throughout the speech
perception process. In fact, the development of audiovisual approaches has led to ad-
vances in the field of speech technologies. However, although noticeable results have
recently been achieved, visual speech recognition remains an open research prob-
lem. It is a task in which, by dispensing with the auditory sense, challenges such as
visual ambiguities and the complexity of modeling silence must be faced. Nonethe-
less, some of these challenges can be alleviated when the problem is approached
from a speaker-dependent perspective. Thus, this paper studies, using the Spanish
LIPRTVE database, how the estimation of specialized end-to-end systems for a spe-
cific person could affect the quality of speech recognition. First, different adaptation
strategies based on the fine-tuning technique were proposed. Then, a pre-trained
CTC/Attention architecture was used as a baseline throughout our experiments. Our
findings showed that a two-step finetuning process, where the VSR system is first
adapted to the task domain, provided significant improvements when the speaker
adaptation was addressed. Furthermore, results comparable to the current state of
the art were reached even when only a limited amount of data was available.
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Iterative pseudo-forced alignment by acoustic CTC loss for
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High-quality data labeling from specific domains is costly and human time-consuming.
In this work, we propose a selfsupervised domain adaptation method, based upon
an iterative pseudo-forced alignment algorithm. The produced alignments are em-
ployed to customize an end-to-end Automatic Speech Recognition (ASR) and itera-
tively refined. The algorithm is fed with frame-wise character posteriors produced by a
seed ASR, trained with out-of-domain data, and optimized throughout a Connectionist
Temporal Classification (CTC) loss. The alignments are computed iteratively upon a
corpus of broadcast TV. The process is repeated by reducing the quantity of text to
be aligned or expanding the alignment window until finding the best possible audio-
text alignment. The starting timestamps, or temporal anchors, are produced uniquely
based on the confidence score of the last aligned utterance. This score is computed
with the paths of the CTC-alignment matrix. With this methodology, no human-revised
text references are required. Alignments from long audio files with low-quality tran-
scriptions, like TV captions, are filtered out by confidence score and ready for further
ASR adaptation. The obtained results, on both the Spanish RTVE2022 and Com-
monVoice databases, underpin the feasibility of using CTC-based systems to per-
form: highly accurate audio-text alignments, domain adaptation and semi-supervised
training of end-to-end ASR.
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The spoofing-aware speaker verification (SASV) challenge was designed to pro-
mote the study of jointly-optimised solutions to accomplish the traditionally separately-
optimised tasks of spoofing detection and speaker verification. Jointly-optimised sys-
tems have the potential to operate in synergy as a better performing solution to the
single task of reliable speaker verification. However, none of the 23 submissions to
SASV 2022 are jointly optimised. We have hence sought to determine why separately-
optimised sub-systems perform best or why joint optimisation was not successful. Ex-
periments reported in this paper show that joint optimisation is successful in improv-
ing robustness to spoofing but that it degrades speaker verification performance. The
findings suggest that spoofing detection and speaker verification sub-systems should
be optimised jointly in a manner which reflects the differences in how information pro-
vided by each sub-system is complementary to that provided by the other. Progress
will also likely depend upon the collection of data from a larger number of speakers.
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This paper presents a study on the use of new unsupervised representations
through wav2vec models seeking to jointly model speech and music fragments of
audio signals in a multiclass audio segmentation task. Previous studies have al-
ready described the capabilities of deep neural networks in binary and multiclass
audio segmentation tasks. Particularly, the separation of speech, music and noise
signals through audio segmentation shows competitive results using a combination
of perceptual and musical features as input to a neural network. Wav2vec represen-
tations have been successfully applied to several speech processing applications. In
this study, they are considered for the multiclass audio segmentation task presented in
the Albayz ´ın 2010 evaluation. We compare the use of different representations ob-
tained through unsupervised learning with our previous results in this database using
a traditional set of features under different conditions. Experimental results show that
wav2vec representations can improve the performance of audio segmentation sys-
tems for classes containing speech, while showing a degradation in the segmentation
of isolated music. This trend is consistent among all experiments developed. On aver-
age, the use of unsupervised representation learning leads to a relative improvement
close to 6.8% on the segmentation task.

41



Respiratory Sound Classification Using an Attention LSTM Model
with Mixup Data Augmentation15 Nov

9:40
O3.3 Noelia Salor-Burdalo and Ascension Gallardo-Antolin

Dept. of Signal Theory and Communications, Universidad Carlos III de Madrid, Spain

Auscultation is the most common method for the diagnosis of respiratory diseases,
although it depends largely on the physician’s ability. In order to alleviate this draw-
back, in this paper, we present an automatic system capable of distinguishing be-
tween different types of lung sounds (neutral, wheeze, crackle) in patient’s respiratory
recordings. In particular, the proposed system is based on Long Short Term-Memory
(LSTM) networks fed with log-mel spectrograms, on which several improvements have
been developed. Firstly, the frequency bands that contain more useful information
have been experimentally determined in order to enhance the input acoustic features.
Secondly, an Attention Mechanism has been incorporated into the LSTM model in
order to emphasize the more relevant audio frames to the task under consideration.
Finally, a Mixup data augmentation technique has been adopted in order to mitigate
the problem of data imbalance and improve the sensitivity of the system. The pro-
posed methods have been evaluated over the publicly available ICBHI 2017 dataset,
achieving good results in comparison to the baseline.
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This paper describes our proposed system for the spoofingaware speaker verifi-
cation challenge (SASV Challenge 2022). The system follows an integrated approach
that uses speaker verification and antispoofing embeddings extracted from special-
ized neural networks. Firstly, a shallow neural network, fed with the test utterance’s
verification and spoofing embeddings, is used to compute a spoof-based score. The
final scoring decision is then obtained by combining this score with the cosine simi-
larity between speaker verification embeddings. The integration network was trained
using a one-class loss to discriminate between target and unauthorized trials. Our
proposed system is evaluated over the ASVspoof19 database and shows competi-
tive performance compared to other integration approaches. In addition, we compare
our approach with further state-of-theart speaker verification and antispoofing sys-
tems based on selfsupervised learning, yielding high-performance speech biometric
systems comparable with the best challenge submissions.
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This paper introduces VoxCeleb-PT, a small dataset of voices of Portuguese celebri-
ties that can be used as a language-specific extension of the widely used VoxCeleb
corpus. Besides introducing the corpus, we also describe three lab assignments
where it was used in a one-semester speech processing course: age regression,
speaker verification and speech recognition, hoping to highlight the relevance of this
dataset as a pedagogical tool. Additionally, this paper confirms the overall limitations
of current systems when evaluated in different languages and acoustic conditions: we
found an overall degradation of performance on all of the proposed tasks.
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Disease biomarkers in speech 15 Nov
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Speech encodes information about a plethora of diseases, which go beyond the
so-called speech and language disorders, and include neurodegenerative diseases,
such as Parkinson’s, Alzheimer’s, and Huntington’s disease, mood and anxiety-related
diseases, such as Depression and Bipolar Disease, and diseases that concern res-
piratory organs such as the common Cold, or Obstructive Sleep Apnea. This talk
addresses the potential of speech as a health biomarker which allows a non-invasive
route to early diagnosis and monitoring of a range of conditions related to human
physiology and cognition. The talk will also address the many challenges that lie
ahead, namely in the context of an ageing population with frequent multimorbidity,
and the need to build robust models that provide explanations compatible with clini-
cal reasoning. That would be a major step towards a future where collecting speech
samples for health screening may become as common as a blood test nowadays.
Speech can indeed encode health information au par with many other characteristics
that make it viewed as Personal Identifiable Information. The last part of this talk will
briefly discuss the privacy issues that this enormous potential may entail.
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Nowadays, the use of technological devices and face and speaker biometric recog-
nition systems are becoming increasingly common in people daily lives. This fact has
motivated a great deal of research interest in the development of effective and robust
systems. However, although face and voice recognition systems are mature technolo-
gies, there are still some challenges which need further improvement and continued
research when Deep Neural Networks (DNNs) are employed in these systems. In this
manuscript, we present an overview of the main findings of Victoria Mingote’s Thesis
where different approaches to address these issues are proposed. The advances pre-
sented are focused on two streams of research. First, in the representation learning
part, we propose several approaches to obtain robust representations of the signals
for text-dependent speaker verification systems. While in the metric learning part, we
focus on introducing new loss functions to train DNNs directly to optimize the goal
task for text-dependent speaker, language and face verification and also multimodal
diarization.
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Voice biometric systems based on automatic speaker verification (ASV) are ex-
posed to spoofing attacks which may compromise their security. To increase the
robustness against such attacks, anti-spoofing systems have been proposed for the
detection of replay, synthesis and voice conversion based attacks. This paper summa-
rizes the work carried out for the first author’s PhD Thesis, which focused on the devel-
opment of robust biometric systems which are able to detect zero-effort, spoofing and
adversarial attacks. First, we propose a gated recurrent convolutional neural network
(GRCNN) for detecting both logical and physical access spoofing attacks. Second,
we propose a new loss function for training neural networks classifiers based on a
probabilistic framework known as kernel density estimation (KDE). Third, we propose
a top-performing integration of ASV and anti-spoofing systems with a new loss func-
tion which tries to optimize the whole voice biometric system on an expected range
of operating points. Finally, we propose a generative adversarial network (GAN) for
generating adversarial spoofing attacks in order to use them as a defense for building
higher robust voice biometric systems. Experimental results show that the proposed
techniques outperform many other state-of-the-art systems trained and evaluated in
the same conditions with standard public datasets.
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Speech-related applications on mobile devices require highperformance speech
enhancement algorithms to tackle challenging, noisy real-world environments. In ad-
dition, current mobile devices often embed several microphones, allowing them to
exploit spatial information. The main goal of this Thesis is the development of online
multichannel speech enhancement algorithms for speech services in mobile devices.
The proposed techniques use multichannel signal processing to increase the noise
reduction performance without degrading the quality of the speech signal. Moreover,
deep neural networks are applied in specific parts of the algorithm where modeling by
classical methods would be, otherwise, unfeasible or very limiting. Our contributions
focus on different noisy environments where these mobile speech technologies can
be applied. These include dualmicrophone smartphones in noisy and reverberant en-
vironments and general multi-microphone devices for speech enhancement and tar-
get source separation. Moreover, we study the training of deep learning methods for
speech processing using perceptual considerations. Our contributions successfully
integrate signal processing and deep learning methods to exploit spectral, spatial,
and temporal speech features jointly. As a result, the proposed techniques provide
us with a manifold framework for robust speech processing under very challenging
acoustic environments, thus allowing us to improve perceptual quality and intelligibil-
ity measures.
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ReSSInt is a project funded by the Spanish Ministry of Science and Innovation
aiming at investigating the use of Silent speech interfaces (SSIs) for restoring com-
munication to individuals who have been deprived of the ability to speak. These
interfaces capture non-acoustic biosignals generated during the speech production
process and use them to predict the intended message. In the project two differ-
ent biosignals are being investigated: electromyography (EMG) signals representing
electrical activity driving the facial muscles and intracraneal electroencephalography
(iEEG) neural signals captured by means of invasive electrodes implanted on the
brain. From the whole spectrum of speech disorders which may affect a person’s
voice, ReSSInt will address two particular conditions: (i) voice loss after total laryn-
gectomy and (ii) neurodegenerative diseases and other traumatic injuries which may
leave an individual paralyzed and, eventually, unable to speak. In this paper we de-
scribe the current status of the project as well as the problems and difficulties encoun-
tered in its development.
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This paper provides an overview of the European Language Equality (ELE) project.
The main objective of ELE is to prepare the European Language Equality program in
the form of a strategic research and innovation agenda that may be utilized as a road
map for achieving full digital language equality in Europe by 2030. The desk research
phase of ELE concentrated on the systematic collection and analysis of the existing
international, national, and regional strategic research agendas, studies, reports, and
initiatives related to language technology and LTrelated artificial intelligence. A brief
survey of the findings is presented here, with a special focus on the Spanish ecosys-
tem.
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This paper presents an interactive companion called Snorble, created to engage
with children and promote the development of healthy habits under the Snorble project.
Snorble is a smart companion capable of having a conversation with children, playing
games, and helping them to go to sleep, all made possible thanks to speech recogni-
tion.
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The use of deep learning approaches in Signal Processing is finally showing a
trend towards a rational use. After an effervescent period where research activity
seemed to focus on seeking old problems to apply solutions entirely based on neu-
ral networks, we have reached a more mature stage where integrative approaches
are on the rise. These approaches gather the best from each paradigm: on the one
hand, the knowledge and elegance of classical signal processing and, on the other,
the great ability to model and learn from data which is inherent to deep learning meth-
ods. In this project we aim towards a new signal processing paradigm where classical
and deep learning techniques not only collaborate, but fuse themselves. In particular,
we focus on two objectives: 1) the development of deep learning architectures based
on or inspired by signal processing schemes, and 2) the improvement of current deep
learning training methods by means of classical techniques and algorithms, partic-
ularly, by exploiting the knowledge legacy they treasure. These innovations will be
applied to two socially and scientifically relevant topics in which our research group
has been working for years. The first one is the enhancement of speech signal ac-
quired under acoustic adverse conditions (e.g., noise, reverberation, other speakers,
...). The second one is the development of anti-fraud measures for biometric voice
authentication, in which banking corporations and other large companies are strongly
interested.
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Automatic speech recognition has been usually performed by using only the au-
dio data, but speech communication is affected as well by other non-audio sources,
mainly visual cues. Visual information includes body expression, face expression, and
lip movements, among other. Lip reading, also known as Visual Speech Recognition,
aims at decoding speech by only using the image of the lip movements. Current ap-
proaches for automatic lip reading follow the same lines than for speech processing:
use of massive data for training deep learning models that allow to perform speech
recognition. However, most of the datasets and models are devoted to languages
such as English or Chinese, while other languages, particularly Spanish, are under-
represented. The LLEER (Lectura de Labios en Español en Escenarios Realistas)
project aims at the acquisition of largescale visual corpora for Spanish lip reading,
the development of visual processing techniques that allow to extract important infor-
mation for the task, the implementation of models for automatic lip reading, and the
integration with speech recognition models for audiovisual speech recognition.
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The goal of this project is to study the neurological bases of language using in-
tracranial electroencephalography (iEEG) signals recorded from drug-resistant epilepsy
patients. In particular, we aim to address two current clinical challenges. Firstly,
we intend to individually identify the brain regions involved in the production and un-
derstanding of language, in order to preserve these regions during brain surgery for
epilepsy treatment. Secondly, this project also aims to develop novel pattern recogni-
tion algorithms that can decode speech from iEEG signals obtained from participants
performing language production tasks. The ultimate goal is to evaluate the feasibility
of a neuroprosthetic device that could restore oral communication in persons that can-
not speak following a neurodegenerative disease or brain damage. For both goals,
a series of experimental tasks will be developed in order to thoroughly evaluate lan-
guage production and comprehension. Furthermore, data derived from these tasks
will be analyzed using state-of-the-art multivariate statistical methods and machine
learning techniques (e.g., deep learning). In addition to having a social impact, the
results of this project will also help in advancing the knowledge about the neural sub-
strates that underpin language production and comprehension.
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In this paper we present the main goals of the ORKESTA project. This is an indus-
trial project carried out by a consortium of companies aimed at providing products and
services contributing to improve the wellbeing of the old adults and enlarge the years
of independent life. To this end the consortium collaborates with the Vicomtech Tec-
nological Center and the Speech Interactive research Group at the UPV/EHU. Both
provide speech and language Technologies to the project.
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This paper presents a general overview of the CITA GOON study, a controlled and
randomized trial aimed to demonstrate the efficacy and cost-effectiveness of a 2 years
multi-modal intervention to control risk factors and change lifestyles in cognitively frail
people at increased risk of dementia. In this framework, the applicability of a virtual
agent to increase adherence and effectiveness (the “Go-ON digital coach”) will be
explored. The multidisciplinary nature of the study brings together 7 partners including
non-profit organizations, universities, technological centers and companies.
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Currently, voice biometrics systems are attracting a growing interest driven by the
need for new authentication modalities. The BioVoz project focuses on the reliabil-
ity of these systems, threatened by various types of attacks, from a simple playback
of prerecorded speech to more sophisticated variants such as impersonation based
on voice conversion or synthesis. One problem in detecting spoofed speech is the
lack of suitable models based on classical signal processing techniques. Therefore,
the current trend is based on the use of deep neural networks, either for direct at-
tack detection, or for obtaining deep feature vectors to represent the audio signals.
However, these solutions raise many questions that are still unanswered and are the
subject of the research proposed here. These include what spectral or temporal in-
formation should be used to feed the network, how to compensate for the effect of
acoustic noise, what network architecture is appropriate, or what methodology should
be used for training in order to provide the network with discriminative generalization
capabilities. The present project focuses on the search for solutions to the aforemen-
tioned problems without forgetting a fundamental issue, little studied so far, such as
the integration of fraud detection in the whole biometrics system.
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The deficiencies in oral communication of people with Down syndrome (DS) rep-
resent an important barrier towards their social integration. Interventions based on
performing exercises of speech and language therapy have proven to be effective in
improving their communication skills. Our research group has been involved in the
development of a serious video game for the practice of oral communication of people
with Down syndrome. The video game has proven its usefulness by being able to mo-
tivate users to carry out practical exercises designed to improve their communication
skills related to prosody, an important aspect of spoken communication. The video
game has also facilitated the compilation of a speech corpus called Prautocal with a
large number of utterances of people with DS. The objective of this project is to extend
the functionality of the video game to include exercises focused on pronunciation and
on improving articulation and speech intelligibility. To do this, an automatic pronunci-
ation assessment module will be developed and incorporated into the existing video
game in order to complement its functionality. In this way, using the video game, users
will be able to perform exercises autonomously to work on aspects of speech related
to both pronunciation and prosody.
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This paper presents a platform for processing audio data of call centers to obtain
statistical information on the telephone call. The system computes several metrics of
the audio and speech to define a representation of the call flow, the audio quality, and
the paralinguistic performance of the call. This way, it can model the behavior and
feelings of the agent and customer involved in the conversation. This solution applies
to many industries such as call centers, social communities, metaverse, customer
identifications, online and offline meetings, etc. In summary, the platform leverages
an already trained artificial intelligence business network to get non-verbal commu-
nication information from audio. This information translates into valuable business
insights for further decision-making.
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ELSA Speak

In 2015 Xavier Anguera and Vu Van co-founded ELSA (English Language Speech
Assistant) an app (and AI technology) to help learners of English to improve their
pronunciation skills. Fast forward to 2022, the company has grown to more than 100
employees and with offices in US, Portugal, India and Vietnam. Our application (ELSA
Speak) has been downloaded over 20M times and we are serving users from over 100
countries, who speak to the app and get feedback in real time. Moving from research
to a startup environment and to a product requires a mindset change in some areas
(e.g. you need to always be razor-focused on what you spend time on) and is very
similar in others (e.g. long hours of work, you need to be very resilient when things
look bad). In the session we will share some of the learnings we acquired on our
particular journey.
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Monoceros Labs

Creating a company in speech technologies in Spain and applying learnings from
the research on dialogue systems at the University of Granada from 2009 to 2013
was not intended at first. In 2018, voice assistants landed in Spain, allowing us to
extend them by creating voice and multimodal applications. We worked with users
(from kids to older adults) and companies from different sectors (insurances, media) to
expand their content and services to Amazon Alexa. Our motivation is breaking down
barriers between technology and people using advances in the speech technology
area. Voice is natural, efficient and accessible in many contexts. Our focus on people
led us to learn the nuances of their needs, test in real scenarios, and launch to the
market as soon as possible. After a few years, currently available synthetic voices
in Spanish were not creating the best experiences we aimed for users in some use
cases. We started working on Spanish neural TTS to close the gap between SOTA
and the market. We are currently building our TTS platform; meanwhile working with
companies and content creators to validate and learn from the possible uses of TTS,
impact and benefits, which goes from content accessibility to scalability.
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Speech Emotion Recognition (SER) is a task related to many applications in the
framework of human-machine interaction. However, the lack of suitable speech emo-
tional datasets compromises the performance of the SER systems. A lot of labeled
data are required to accomplish successful training, especially for current Deep Neu-
ral Network (DNN)-based solutions. Previous works have explored different strategies
for extending the training set using some emotion speech corpora available. In this
paper, we evaluate the impact on the performance of crosscorpus as a data aug-
mentation strategy for spectral representations and the recent Self-Supervised (SS)
representation of Hu- BERT in an SER system. Experimental results show improve-
ments in the accuracy of SER in the IEMOCAP dataset when extending the training
set with two other datasets, EmoDB in German and RAVDESS in English.
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Trustworthiness and deception recognition attracts the research community atten-
tion due to their relevant role in social negotiations and other relevant areas. Despite
the increasing interest in the field, there are still many questions about how to perform
automatic deception detection or which features explain better how people perceive
trustworthiness. Previous studies have demonstrated that emotions and sentiments
correlate with deception. However, not many articles employed deep-learning models
pre-trained on emotion recognition tasks to predict trustworthiness. For this reason,
this paper will compare traditional statistical functional feature sets proposed for per-
forming emotion recognition, such as eGeMAPS, with features extracted from deep-
learning models, like AlexNet, CNN-14 or xlsr-Wav2Vec2.0 pre-trained on emotion
recognition tasks. After obtaining each set of features, we will train a Support Vector
Machine (SVM) model on deception detection. These experiments provide a base-
line to understand how methodologies exploited in emotion recognition tasks could
be applied to speech trustworthiness recognition. Utilizing the eGeMAPs feature set
on deception detection achieved an accuracy of 65.98% at turn level, and employing
transfer-learning on the embeddings extracted from a pre-trained xlsr-Wav2Vec2.0
let improve this rate until a 68.11%, surpassing the baseline on audio modality from
previous works by an 8.5%.
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Major Depressive Disorder (MDD) is a common mental health issue these days.
Its early diagnostic is vital to avoid bigger consequences and provide an appropriate
treatment. Speech and utterance’s transcription of patients’ interviews contain use-
ful information sources for the automatic screening of MDD. In this sense, speech-
and text-based systems are proposed in this paper, using the DAIC-WOZ dataset as
experimental framework. The speech-based one is a Sequence-to-Sequence (S2S)
model with a local attention mechanism. The text-based one is based on GloVe fea-
tures and a Convolutional Neural Network as classifier. A description of some of the
more relevant results achieved by other research publications on DAIC-WOZ are de-
scribed as well. The goal is to provide a better understanding of the context of our
systems results. In general, the S2S architecture provides mostly better results than
previous speechbased systems. The GloVe-CNN system shows even a better per-
formance, leading to the idea that text is a more suitable information source for the
detection of MDD when it is manually developed. However, to automatically obtain
high quality transcriptions is not a straightforward task, which makes necessary the
development of effective speech-based systems as the presented in this research
work.
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Human emotions induce physiological and physical changes in the body and can
ultimately influence our actions. Their study belongs to the field of Affective Com-
puting, to improve human-computer interaction tasks. Defining an ’affective acoustic
scene’ as an acoustic environment that can induce specific emotions, in this work we
aim to characterize acoustic scenes that elicit affective states regarding the acoustic
events occurring and the available acoustic information. This is achieved by generat-
ing emotion embeddings to define the ’affective acoustic fingerprint’ of such affective
acoustic scenes. We use YAMNet, an acoustic events’ classifier trained in Audioset to
classify acoustic events in the WEMAC Audiovisual stimuli dataset. Each video in this
dataset is labelled by crowd-sourcing with the categorical emotion it induces. Thus we
determine the relevance of the detected acoustic events that induce each emotion by
performing an affective acoustic mapping, creating interpretable acoustic fingerprints
of such emotions, by means of the well-known information-retrieval-based TF-IDF al-
gorithm. This paper intends to shed light on the path to the definition of emotional
acoustic embeddings.
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Speech is known to provide information regarding the person speaking, such as
their gender, identity, emotions, and even disorders or trauma. In this paper we aim to
answer the following question, can women who have suffered from gender-based vio-
lence (GBV) be distinguished from those who have not, just by using speech paralin-
guistic cues? In this work, we intend to demonstrate whether there exist measurable
differences between the emotional expression in the voice of GBV victims (GBVV) and
non-victims (Non-GBVV). The present study was carried out in the framework of the
project EMPATIA-CM, whose aim is to understand the reaction of GBVV to dangerous
situations and develop automatic mechanisms to protect them. For this purpose, we
use data collected and partly published from the WEMAC Database, a multimodal
database containing physiological and speech data from women who have and have
not suffered from GBV while visualizing different emotion-eliciting video clips. With the
performed analysis, it is proven that such differences exist indeed and, therefore, that
suffering from GBV alters the way women react to the same emotion eliciting stimulus
in terms of physical variables, specifically certain voice features.
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Psychosis is a brain condition that affects the subject and the way it perceives the
world around, impairing its cognitive and speech capabilities, and creating a discon-
nection from reality in which the subject is inserted. Psychosis lacks formal and pre-
cise diagnostic tools, relying on self-reports from patients, their families, and special-
ized clinicians. Previous studies have focused on the identification and prediction of
psychosis through surface-level analysis of diagnosed patients targeting audio, time,
and paucity features to predict or identify psychosis. More recent studies have started
focusing on high-level and complex language analysis such as semantics, structure,
and pragmatics. Only a reduced number of studies have targeted the Portuguese lan-
guage. Currently, no study has targeted structural or semantic features in European
Portuguese, thus this is our objective. The results obtained through our work suggest
that the use of structural and semantic features, particularly for European Portuguese,
holds some power in classifying subjects as diagnosed with psychosis or not. How-
ever, further research is required to identify possible improvements to the techniques
employed and to concretely identify which particular features hold the most power
during the classification tasks.
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This paper describes the Vicomtech-UPM submission to the Albayzín-RTVE 2022
S2T Challenge, which calls for automatic speech transcription systems to be eval-
uated in realistic TV shows. A total of 4 systems were presented, considering the
primary system along to three contrastive systems. Each system was built on the
top of one different architecture, with the aim of testing several modelling approaches
focused on different learning techniques and neural networks. The primary system
was constructed on the self-supervised Wav2vec2.0 model. This pre-trained model
was fine-tuned with in-domain data and the initial hypothesis re-scored with a 4-gram
based LM. The first contrastive system corresponds to a pruned RNN-Transducer
model, composed by a Conformer encoder and stateless prediction network using
BPE word-pieces as output symbols. As the second contrastive system, we built
a Multistream-CNN acoustic model based system with a 3-gram model for decoding,
and a RNN based LM for rescoring. Finally, results obtained with the publicly available
Large model of the Whisper engine were also presented within the third contrastive
system, with the aim of serving as a reference benchmark. Along with the description
of the systems, the results achieved on the Albayzin-RTVE 2020 and 2022 testsets
are presented as well.
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This paper describes Telefónica I+D’s participation in the IberSPEECH-RTVE 2022
Speech-to-Text Transcription Challenge. We built an acoustic end-to-end Automatic
Speech Recognition (ASR) based on the large XLS-R architecture. We first trained it
with already aligned data from CommonVoice. After we adapted it to the TV broad-
casting domain with a self-supervised method. For that purpose, we used an itera-
tive pseudo-forced alignment algorithm fed with frame-wise character posteriors pro-
duced by our ASR. This allowed us to recover up to 166 hours from RTVE2018 and
RTVE2022 databases. We additionally explored using a transformer-based seq2seq
translator system as a Language Model (LM) to correct the transcripts of the acoustic
ASR. Our best system achieved 24.27% WER in the test split of RTVE2020.
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This paper describes the joint effort of BUT and Telefónica Research on the devel-
opment of Automatic Speech Recognition systems for the Albayzin 2022 Challenge.
We train and evaluate both hybrid systems and those based on end-to-end mod-
els. We also investigate the usage of self-supervised learning speech representations
from pre-trained models and their impact on ASR performance as opposed to train-
ing models directly from scratch. Additionally, we also apply the Whisper model in a
zero-shot fashion, postprocessing its output to fit the required transcription format. On
top of tuning of model architectures and overall training schemes, we improve the ro-
bustness of our models by augmenting the training data by noises extracted from the
target domain. Moreover, we apply rescoring by an external LM on top of N-best hy-
potheses to adjust each sentence score and thus pick the single best hypothesis. All
these efforts lead to a significant WER reduction. Our single best system and the fu-
sion of selected systems achieved respectively 16.3% and 13.7% WER on RTVE2020
test partition, i.e. the official evaluation partition from the previous Albayzin challenge.
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BUT System for Albayzin 2022 Text and Speech Alignment
Challenge 15 Nov

17:20
A.4Martin Kocour, Jahnavi Umesh, Martin Karafiat, Igor Szoke, Karel Beneš and Jan

Černocký
Brno University of Technology, Czechia
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Intelligent Voice Speaker Recognition and Diarization System for
IberSpeech 2022 Albayzin Evaluations Speaker Diarization and

Identity Assignment Challenge15 Nov
17:20

A.5 Roman Shrestha1, Cornelius Glackin1, Julie Wall2 and Nigel Cannings1
1Intelligent Voice Ltd., United Kingdom;

2University of East London, United Kingdom

This paper describes the system developed by Intelligent Voice for IberSpeech
2022 Albayzin Evaluations Speaker Diarization and Identity Assignment Challenge
(SDIAC). The presented Variational Bayes x-vector Voice Print Extraction (VBxVPE)
system is capable of capturing the vocal variations using multiple x-vector representa-
tions with two-stage clustering and outlier detection refinement and implements Deep-
Encoder Convolutional Autoencoder Denoiser (DE-CADE) network for denoising seg-
ments with noise and music for robust speaker recognition and diarization. When
evaluated against the Radiotelevision Espanola (RTVE) 2022 evaluation dataset, the
system was able to obtain a Diarization Error Rate (DER) of ..% and Error Rate of ..%
.
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ViVoLAB System Description for the S2TC IberSPEECH-RTVE
2022 challenge 15 Nov

17:20
A.6Antonio Miguel, Alfonso Ortega and Eduardo Lleida

ViVoLab, Aragon Institute for Engineering Research (I3A), University of Zaragoza, Spain

In this paper we describe the ViVoLAB system for the IberSPEECH-RTVE 2022
Speech to Text Transcription Challenge. The system is a combination of several sub-
systems designed to perform a full subtitle edition process from the raw audio to the
creation of aligned subtitle transcribed partitions. The subsystems include a pho-
netic recognizer, a phonetic subword recognizer, a speaker-aware subtitle partitioner,
a sequence-to-sequence translation model working with orthographic tokens to pro-
duce the desired transcription, and an optional diarization step with the previously
estimated segments. Additionally, we use recurrent network based language models
to improve results for steps that involve search algorithms like the subword decoder
and the sequence-to-sequence model. The technologies involved include unsuper-
vised models like Wavlm to deal with the raw waveform, convolutional, recurrent, and
transformer layers. As a general design pattern, we allow all the systems to access
previous outputs or inner information, but the choice of successful communication
mechanisms has been a difficult process due to the size of the datasets and long
training times. The best solution found will be described and evaluated for some ref-
erence tests of 2018 and 2020 IberSPEECH-RTVE S2TC evaluations.
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GTTS Systems for the Albayzin 2022 Speech and Text Alignment
Challenge15 Nov

17:20
A.7 Germán Bordel, Luis Javier Rodriguez-Fuentes, Mikel Peñagarikano and Amparo

Varona
Universidad del País Vasco, Spain

This paper describes the most relevant features of the alignment approach used by
our research group (GTTS) for the Albayzin 2022 Text and Speech Alignment Chal-
lenge: Alignment of re-spoken subtitles (TaSAC-ST). It also presents and analyzes
the results obtained by our primary and contrastive systems, focusing on the variabil-
ity observed in the RTVE broadcasts used for this evaluation. The task is to provide
some hypothesized start and end times for each subtitle to be aligned. To that end,
our systems decode the audio at the phonetic level using acoustic models trained on
external (non-RTVE) data, then align the recognized sequence of phones with the
phonetic transcription of the corresponding text and transfer the timestamps of the
recognized phones to the aligned text. The alignment error for each subtitle is com-
puted as the sum of the absolute values of the start and end alignment errors (with
regard to a manually supervised ground truth). The median of the alignment errors
(MAE) for each broadcast is reported to compare system performance. Our primary
system yielded MAEs between 0.20 and 0.36 seconds on the development set, and
between 0.22 and 1.30 seconds on the test set, with average MAEs of 0.295 and
0.395, respectively.
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An Attentional Extractive Summarization Framework 16 Nov
9:00
O5.1José Ángel González, Encarna Segarra, Fernando García-Granada, Emilio Sanchis

and Lluis-F Hurtado
VRAIN: Valencian Research Institute for Artificial Intelligence Universitat Politècnica de

València, Spain

Although currently, works on text summarization generally use abstractive ap-
proaches, extractive methods can be specially adequate for some applications, and
they can help with other tasks such as Question Answering or Information Extraction.
In this paper, we propose a general framework for extractive summarization, the Atten-
tional Extractive Summarization framework. The proposed approach is based on the
interpretation of the attention mechanisms of hierarchical neural networks, that com-
pute document-level representations of documents and summaries from sentence-
level representations, which, in turn, are computed from word-level representations.
The models proposed under this framework are able to automatically learn rela-
tionships among document and summary sentences, without requiring oracle sys-
tems to compute reference labels for each sentence before the training phase. We
evaluate two different systems, formalized under the proposed framework, on the
CNN/DailyMail and the NewsRoom corpora, which are some of the reference cor-
pora in the most relevant works in text summarization. The results obtained during
the evaluation support the adequacy of our proposal and they suggest that there is
still room for the improvement of our attentional framework.
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SUMBot: Summarizing Context in Open-Domain Dialogue
Systems16 Nov

9:20
O5.2 Rui Ribeiro and Luísa Coheur

INESC-ID, Lisboa, Portugal
Instituto Superior Tecnico, Universidade de Lisboa, Portugal

In this paper, we investigate the problem of including relevant information as con-
text in open-domain dialogue systems. Most models struggle to identify and incorpo-
rate important knowledge from dialogues and simply use the entire turns as context,
which increases the size of the input fed to the model with unnecessary information.
Additionally, due to the input size limitation of a few hundred tokens of large pre-trained
models, regions of the history are not included and informative parts from the dialogue
may be omitted. In order to surpass this problem, we introduce a simple method that
substitutes part of the context with a summary instead of the whole history, which in-
creases the ability of models to keep track of all the previous relevant information. We
show that the inclusion of a summary may improve the answer generation task and
discuss some examples to further understand the system’s weaknesses.
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Automatic Detection of Inconsistencies in Open-Domain Chatbots 16 Nov
9:40
O5.3Jorge Mira Prats1, Marcos Estecha-Garitagoitia1, Mario Rodríguez-Cantelar2 and

Luis Fernando D’Haro1

1Speech Technology and Machine Learning Group (THAU), ETSI de Telecomunicación,
Universidad Politécnica de Madrid, Spain;

2Centre for Automation and Robotics (CAR) UPM-CSIC - Intelligent Control Group (ICG),
Universidad Politécnica de Madrid, Spain

Current pre-trained Large Language Models applied to chatbots are capable of
producing good quality sentences, handling different conversation topics, and larger
interaction times. Unfortunately, the generated responses highly depend on the data
on which the chatbot has been trained on, the specific dialogue history and current
turn used for guiding the response, the internal decoding mechanisms, ranking strate-
gies, among others. Therefore, it may happen that for the same question asked by
the user, the chatbot may provide a different answer, which in a long-term interac-
tion may produce confusion. In this paper, we propose a new methodology based
on three phases: a) automatic detection of dialogue topics using zeroshot learning
approaches, b) automatic clustering of distinctive questions, and c) detecting incon-
sistent answers using K-Means clustering and the Silhouette coefficient. To test our
proposal, we used the DailyDialog dataset to detect up to 13 different topics. To de-
tect inconsistencies, we manually generated multiple paraphrased questions. Then,
we used multiple pre-trained chatbots to answer those questions. Our results in topic
detection show a weighted F-1 value of 0.658, and a 3.4 MSE to predict the number
of different responses.
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Ethics Guidelines for the Development of Virtual Assistants for
e-Health16 Nov

10:00
O5.4 Andrés Piñeiro Martín1,2, Carmen García Mateo2, Laura Docío Fernández2 and

María del Carmen López Pérez1

1Balidea Consulting & Programming S.L., Spain;
2GTM research group, AtlanTTic Research Center, University of Vigo, Spain

The use of intelligent virtual assistants for human-machine communication is spread-
ing across multiple applications. The latest breakthroughs in fields such as Natural
Language Processing (NLP) or Natural Language Generation (NLG) make it possi-
ble to communicate with machines in a more natural and fluent way and in broader
contexts, normalizing voice-based interactions with machines. These advances also
lead to the appearance of new issues never seen before, especially when this tech-
nology extends to public services such as administration, education or health. The
transfer of personal data, the opacity of decisions, the presence of bias or the exclu-
sion of groups are critical aspects that cannot be controlled exclusively by economic
interests. The design of conversational assistant solutions must be within an ethical,
legal, socio-economic and cultural (ELSEC) framework, and it must be ensured that it
preserves the dignity, freedom and autonomy of the users. In this paper, we analyse
the Artificial Intelligence (AI) European regulatory framework, the issues that appear
when designing and developing AI-based conversational solutions for e-health, and
we present recommendations based on our experience and on the reflection from an
ethical point of view.

78



esCorpius: A Massive Spanish Crawling Corpus 16 Nov
10:20
O5.5Asier Gutiérrez-Fandiño1, David Pérez-Fernández2, Jordi Armengol-Estapé1,3, David

Griol1,4 and Zoraida Callejas1,4

1LHF Labs;
2Universidad Autónoma de Madrid;

3University of Edinburgh;
4Universidad de Granada

In the recent years, transformer-based models have lead to significant advances
in language modelling for natural language processing. However, they require a vast
amount of data to be (pre-)trained and there is a lack of corpora in languages other
than English. Recently, several initiatives have presented multilingual datasets ob-
tained from automatic web crawling. However, the results in Spanish present impor-
tant shortcomings, as they are either too small in comparison with other languages,
or present a low quality derived from sub-optimal cleaning and deduplication. In this
paper, we introduce ESCORPIUS, a Spanish crawling corpus obtained from near 1
PB of Common Crawl data. It is the most extensive corpus in Spanish with this level
of quality in the extraction, purification and deduplication of web textual content. Our
data curation process involves a novel highly parallel cleaning pipeline and encom-
passes a series of deduplication mechanisms that together ensure the integrity of
both document and paragraph boundaries. Additionally, we maintain both the source
web page URL and the WARC shard origin URL in order to complain with EU regu-
lations. ESCORPIUS has been released under CC BY-NC-ND 4.0 license and it is
available on HuggingFace.
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Utilizing context information in speech recognition for voice
assistants16 Nov

11:00
KN3 Simon Wiesler

Amazon, Germany

Utilizing contextual information plays a key role in achieving accurate speech
recognition in the voice assistant domain. Context can be available in a number of
ways, such as the acoustic environment, conversational context, or personalized in-
formation about the user. Other sources of context information are trending content
at the time the user is speaking and the speaker’s location. While there are estab-
lished methods for utilizing some of this information in traditional statistical speech
recognition systems, contextualizing all-neural speech recognition systems is an ac-
tive area of research. In my talk, I will present ongoing research at Amazon Alexa on
this problem and discuss some of the challenges.
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Entrepreneurship Round Table 16 Nov
12:00
ENDayana Rivas1, Nieves Abalos2 Xavi Anguera3, Luis Benavente4, Oscar Baza5

Universidad de Zaragoza1, Monoceros Labs2, Elsa Speak3, SONOC4, ImpulsaVision5

The roundtable "Experiences from the research lab to entrepreneurship" aims to
open the discussion for learning about the path from the research laboratory to cre-
ating a technological company. Professionals in the business of audio, speech, and
language technologies will share their experiences achieved in the Iberian context with
companies that started from ideas developed in a research laboratory. In the session,
they will comment on the motivation, customer, product, prototyping, and other related
issues aiming to inspire researchers into technological entrepreneurship.
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